The most widely recognized objective stage acoustic parameters are the Early Support (ST early ) and Late Support (ST late ). In these parameters the early and late reflected sound energy is measured within a certain time interval. Different time interval limits have been proposed for the stage acoustic parameters but there is no agreement on the preferable limits. There is a growing interest to measure stage acoustic parameters at various source to receiver distances. In this paper the influence of perceptual and architectural parameters, synchronicity, source to receiver relationship and the measurement system on stage acoustic parameters is discussed. Based on existing and new insights an optimization and extension of the ST parameters is proposed such that they can be measured at any distance between source and receiver using the most appropriate time interval limits. Theoretical assumptions were checked and confirmed based on systematic analyses of measured results for different concert hall stages with various conditions and various source to receiver distances. 
Introduction
Stage acoustics is concerned with the experience and appreciation of the acoustics by performers on stage in concert halls, opera houses, theatres and other venues for performing arts. Important acoustical factors for performers are the hearing of their owninstrument, the hearing of others' instruments and the hearing of the acoustic response of the hall. The balance between these factors is important for playing ensemble [1, 2, 3, 4, 5] . Va rious objective parameters have been introduced to describe stage acoustics, all based on acoustic properties that can be found in room impulse responses. On stage, the room impulse response (RIR)c ontains the direct sound and sound reflected from the stage surroundings and the hall. Most objective parameters measure the amount of sound energy within ac ertain time interval by integrating overt he squared sound pressure of aR IR. The choice of the time limits of the time interval may be based on aperceptual or architectural relevance, butm ight be influenced or limited by the used measurement methods.
Researchers have proposed different time limits; it is clear that there is no agreement on these time interval limReceived16March 2012, accepted 31 July 2012. * Renz vanLuxemburgpassed away on 12 February 2012 its. So far, no studies have investigated the effect of the choice of time limits on measured stage parameters. In this paper,t he available parameters and their metrological issues are discussed in section 2. In section 3, the perceptual, architectural and orchestral principles of time delays on stage are explored. In section 4itwill be discussed which time intervals and measurement conditions seem most appropriate resulting in ap roposal for optimisation and extension of currently used stage acoustic parameters. In section 5, theoretical assumptions are checked using al arge set of measurement data of different concert halls. The stage acoustics of the measured halls is evaluated through the optimised and extended stage acoustic parameters in section 6. Finally,t he results are discussed in 7a nd the main conclusions are presented in section 8.
Stage acoustic parameters
The most widely recognized objective stage acoustic measures are those as proposed by Gade. These measures are based on laboratory and field experiments as described in [3, 4] . Experiences with these parameters have been discussed by Gade in [6, 7] . Twop arameters have been included in the annexofthe standard ISO 3382-1 [8] on the 'Measurement of room acoustic parameters -Performance spaces' since 1997: Early Support (ST early )and Late Support (ST late ). Other parameters likeS T2 or ST total ,C larity Stage (CS) and Early Ensemble Level(EEL)havenot been included in the standard. In the following paragraphs the development of the various parameters will be treated. This development clearly illustrates the issues and discussions related to time intervals on stages.
Early Support
The ST early wasintended as ameasure to describe the assistance of early reflections to the hearing of the owni nstrument. At 1m distance, it measures the difference between the reflected sound levelwithin the 20-100 ms time interval after the arrivalofthe direct sound and the sound levelofthe direct sound plus floor reflection, measured in the time interval 0-10 ms of the RIR [8] .
Originally,the lower time limit of the time interval 20 to 100 ms was10msinstead of 20 ms [2] . However, the lower limit waschanged to 20 ms because it wasdifficult to isolate the direct sound within 10 ms in the lowoctave bands with the available measurement techniques using octave band filtered sweeps [9] . As aconsequence, in the current ST early parameter agap exists between 10 and 20 ms where sound energy is not taken into account. Therefore, in practice, it is recommended to place the transducers at aminimum distance of 4m from anystage boundary of interest to avoid sound arriving within the 10 to 20 ms time interval [6, 10] .
Twodifferent upper time limits 100 ms and 200 ms were used in twodifferent parameters ST1 and ST2 respectively. The name ST1 wasr eplaced by ST early in 1992 to avoid confusion with another parameter Speech Transmission IndexSTI [6] . ST2 wasreplaced by ST total with anumerator time interval of 20 to 1000 ms (ST2 is sometimes mistaken by researchers for ST late [11] ). ST2 wasintended to describe the amount of support from the room. However, it wasnot included in the ISO standard. According to [7] , it has neverbeen investigated whether the 100 ms upper time limit for ST early is the optimum choice.
Late Support
The parameter Late Support (ST late )w as intended as a measure to describe the perception of reverberance. At 1m distance, it measures the difference between the reflected sound levelinthe time interval 100-1000 ms after the arrivalofdirect sound and the sound levelofthe direct sound plus floor reflection, measured in the time interval 0-10 ms of the RIR [8] .
Originally,t he clarity C 80 parameter wasu sed at 1m distance to measure late support, also known as Clarity Stage (CS),m easuring the ratio of sound energy arriving within the time interval 0-80 ms and after 80 ms to infinity [8] . In the CS it is assumed that the amount of energy before 80 ms at 1mdistance is dominated by the direct sound [4] . The energy after 10 ms waso mitted in the numerator,t he upper boundary increased from 80 to 100 ms and numerator and denominator switched to match the ST early definition resulting in currently used ST late .
At first, time to infinity wasc hosen as an upper time limit instead of 1000 ms [3, 4, 5] . However, in 1992 the upper time limit wasfixedto1000 ms, comparable to the C 80 parameter definition that wasused in [5] , although Reichardt et al. [12] originally proposed infinity.A tt hat time, the 1000 ms upper limit waschosen in order to save calculation time. According to [9] , the influence is negligible in typical acoustic conditions of aconcert hall.
The ratio between ST early and ST late seems to be useful for describing the degree of masking of ensemble information by late reflections [6] .
Early Ensemble Level
The parameter Early Ensemble Level(EEL)was intended as ameasure to describe the ease of hearing others [3] . It measures the difference between the direct and reflected sound levelw ithin the time interval 0-80 ms after the emission of the sound and the sound levelo ft he direct sound plus floor reflection, measured in the time interval 0-10 ms of the RIR at 1mdistance. An interesting feature of this parameter is its sensitivity to the effect of the time delay that occurs between musicians sitting at ad istance from each other.T he temporal windowf or measured arriving direct and reflected sound narrows when the source and receiverare further apart. As aresult, EEL can only be measured at adistance between 2and 27 m.
It is striking that an upper time limit of 80 ms wasused in the EEL instead of the 100 ms in the ST parameters. However, this may have been different for the sakeofcomparison with the clarity C 80 [9] . To the knowledge of the authors, it has neverb een investigated whether the 80 ms upper integration limit is the optimum choice for the EEL.
After comparison of the parameters with measured subjective parameters by questionnaires ST early appeared to correlate better with the 'hearing of others' or the 'ease of ensemble' than EEL, which wasoriginally intended for this use [4] . This paradox is not yet fully explained [7] . Nevertheless, ST early is recommended to be used in relation to 'ensemble i.e. ease of hearing other members of an orchestra' and EEL wasnot used in further analyses or added to the standard [3, 4, 8] .
Measurement conditions
The RIR for deriving the ST parameters should be obtained at 1m distance between an omnidirectional sound source and receiver, chosen as ad istance to be comparable to the distance from the performer'sear to his owninstrument. The sound source distance is measured from the physical centre of the sound source, described in the ISO standard as the 'acoustic centre'. Both the sound source and the microphone height from the floor should be either 1.0 mo r1 .5 m [ 8] . However, in an earlier version of the standard from 2006 the transducers' height could vary between 1.0 and 1.5 m. No suggestions are made for the choice of transducer height. Nevertheless, Gade recommends using a1 .0 meter transducer height because it represents the acoustic centre of most musical instruments best and because it may give amore realistic effect of eventual attenuation of furniture and seats [9] .
It is recommended to perform at least 3m easurements at different positions on stage and the positions should be reported [8] . No comments are made on the orientation of the microphone relative to the sound source. In the concept of the ST parameters, the sound source represents the instrument and the microphone represents the musicians' ears. In most cases the instrument is in front of the musicians who are facing the conductor.T his suggests that the sound source and microphone should be put in al ine crossing the conductors' position, where the source is in between the conductors' position and the microphone. In most research in which ST parameters were measured, the source and receivera re represented as as ingle location on stage without reporting source to receivero rientation [3, 10] .
As mentioned earlier,all transducers should at least be kept 4meters away from anystage boundaries. Also, when the orchestra is not present during measurements, as is often the case, chairs and music stands must be present. However, chairs and stands should be removedinaradius of 2maround the transducers to avoid reflections arriving within the time interval 0to10ms [6, 8] . It is striking that between 2a nd 4m distance around the transducers seats and stands are allowed, possibly causing reflections in the 10-20 ms time interval.
The reference sound level
In the concept of the ST parameters and EEL, the direct sound of the sound source at 1m distance is used as ar eference, sometimes denoted E e (dir)w here 'e' stands for emission (which is especially important for EEL). In current practice, the direct sound and floor reflection are measured within the time interval 0-10 ms [8] . In case of transducers heights of 1.0 mt he floor reflection will arrive 3.6 ms after the direct sound. Fort he 250 Hz octave band, which is most critical, these twoc omponents will be smeared out overthe whole time interval 0-10 ms [6] . When the transducers are set at aheight of 1.5 mthe floor reflection will arrive 6.3 ms after the direct sound.
Variations on the support parameters
Some research presented at conferences has discussed the measurement method for the direct sound reference E e (dir). It wass uggested that the floor reflection should be absorbed by sound absorbing material [13] , butana verage difference wasf ound less than 0.5 dB. Also it was suggested to use afloor-reflection-free time interval of 0-5ms [ 14] . One other issue is howt od eal with the directional characteristics of the standard omnidirectional sound source at high frequencies. It should be noted that researchers have used different types of omnidirectional sound sources. Fori nstance, in the 80'sG ade used an icosahedron sound source with a5 00 mm diameter containing 20 loudspeakers, while nowadays the dodecahedron sound source is commonly used with asmaller diameter of approximately 350 mm containing only 12 loudspeakers. This may result in less smooth directivity patterns especially at high frequencies. If the sound source is not adequately omnidirectional, Gade [6] suggested that the source should be rotated such that always the same directivity maximum is pointing towards the microphone. Forthis position, the deviation from the sound levelat1m distance derivedfrom asound power measurement in the laboratory should be determined and used as acorrection. Ac omparable option wass uggested by Dammerud et al. [15] , who suggested to use the sound power calibration methods as described in [8] . However, these methods exclude the influence of the floor reflection. Hak et al. [16] showed that for asingle measurement at 1m distance and a1.5 mtransducer height amaximum absolute error of 1.5 dB, 3.5 dB and 3.5 dB can be made in measured sound levelfor octave bands 1, 2and 4kHz respectively using a common standard omnidirectional sound source on stage. Maximum possible leveld eviations are reduced to below 0.5 dB for all frequencybands when averaging over5,7or 8m easurements of equal angular stepwise rotation. Furthermore, it wasshown that the difference between the average value derivedf rom three different precision Gc alibration methods and a(in situ)onstage sound power measurement at 1m distance is −0.8, 0.0 and +0.7 dB for the low, mid and high frequencyrange respectively when using 8impulse responses while rotating the sound source in 45 degree steps [17] . These differences are similar to the accuracyofthe three precision methods themselves. This suggests that the E e (dir)c omponent can be measured on stage with 0.5 dB accuracy, when using an average of 5, 7o r8m easurements of equal angular stepwise rotation, without removing the floor reflection or performing offsite calibrations. The influence of directivity deviation is only investigated for the total sound levelb ut has not yet been investigated for room acoustical parameters.
Another series of papers have discussed possible variations in time intervals for the ST parameters. It wass uggested by Chiang et al. to extend the ST early time interval from 20-100 ms to 7-100 ms [18] or 5-80 ms [19] . This way, ST early could be used to perform measurements closer to the stage boundaries. These parameters were denoted ED100 and ED80 respectively.C omparable to the ED80, the LD80 wassuggested extending the ST late time interval from 100-1000 ms to 80 ms to infinity.I nas imilar way, the Late Sound Strength G l wassuggested by Dammerud [15] , where the time interval 80 ms to infinity is measured at 1mdistance relative to the reference sound levelat10m in the free field. When using 1000 ms as aupper time limit, the impulse response should not contain noise within the 0-1000 ms interval, butt his is not easily controlled. Using time to infinity instead of 1000 ms as an upper time limit is perceptually clearer.H owever,i nb oth cases the noise tail of the impulse response can be of influence on the result. The relationship between the impulse response and the noise tail (the decay range)c an be described by the Impulse to Noise Ratio (INR) [20] . An INR of at least 45 dB for ameasured RIR on stage is recommended by the authors, where time to infinity is defined as the time of the cross point between the decay curveand the noise floor of the impulse response [21] .
Also, parameters similar to the EEL have been proposed in some conference papers. Braak and Va nL uxemburg [22] proposed ap arameter,d enoted LQ 7−40 ,t hat is measured where source and receiverpositions represent different musicians on stage. The parameter measures the difference between the early reflected sound levelinthe time interval 7-40 ms and the late reflected sound levelinthe time interval 40 to infinity.Itisdifferent from the EEL concept because the direct sound is omitted from the time interval. Also, the time interval is not dependant on the source to receiverdistance likethe EEL. The masking of ensemble information by late reflections is measured, comparable to the ratio between ST early and ST late .Noreference is made to the sound levelat1mdistance.
Ve rcammen and Lautenbach [23] and Dammerud et al. [15] used as imilar approach omitting the direct sound from the measure using an interval 5-80 ms and 7-50 ms respectively.B oth use ar eference sound levela t1 0m in the free field using the Gand therefore are denoted G 5−80 and G 7−50 .Ueno and Tachibana [24] also note in their paper that, in case of measuring EEL, the direct sound should be omitted in order to evaluate the early reflections. Finally,Dammerud et al. [15] also proposed the Early Sound Strength G e were atime interval of 0-80 ms is used without omitting the direct sound. It is stated that the G e and G 7−50 measured with source receiverdistances larger than 1mare highly influenced by the presence of the orchestra [25] .
Other stage acoustic parameters
Other parameters have been used that are not based on energy ratio'sl iket he Early Decay Time (EDT)w hich was originally introduced for describing auditorium acoustics [26] and the Modulation Transfer Function (MTF)asused in the Speech Transmission Index( STI) [ 27] . However, these parameters do not directly rely on time intervals and are therefore not further reviewed in this paper.
Relevant time intervals on stage
In general, there are three different aspects that seem important to objectively describe the acoustic conditions on stage: the direct sound, the early reflections and the late reflections. In the previous section it wasshown that variations have been made in the stage parameters by different researchers. It is clear that there is no agreement on the time interval limits in the stage acoustic parameter formulas. In this section, the influence of fived i ff erent aspects on the choice of time interval will be investigated.
Perceptual parameters
The main goal for defining an objective stage acoustic parameter is that it will correlate with the subjective experience by the musicians. Va rious studies have been performed where musicians were tested under controlled conditions in alaboratory,aiming to findthe important aspects of the room impulse response that relate to ensemble playing. The results of these studies have been summarized by Gade [7] . Researchers have focused on the temporal characteristics likethe usefulness or annoyance of delayed [3, 4] also concluded that early reflections are an important factor for ensemble playing, based on experiments with musicians in different sound fields with am ix of three reflections at 23, 43 and 83 ms relative to the time of emission. He found that when the direct sound from the other is masked (byr everberation or the sound of other players), it cannot be fully compensated by strong butf urther delayed early reflections. Also, it was concluded that meaningful reflections for ensemble playing can arrive up to 100 ms and reflections up to 200 ms after the direct sound can provide support for soloists as long as theyhavethe correct (moderate)sound level. Another interesting factor is that strong early reflections may also come too early between 5a nd 20 ms and cause unfavourable coloration effects [29] .
Architectural parameters
As econd goal when defining an objective stage acoustic parameter is the applicability as atool in optimizing stage environments through experiments with measurements or designing stages through simulations. To be able to do so, the parameter should be sensitive to changes in architectural parameters likes tage dimensions, hall dimensions and surface properties. To investigate the relation of stage dimensions to the stage acoustic parameters time intervals, an inventory is made of maximum delayed first order reflections from stage surroundings. Al ist of stage dimensions is used from Dammerud [30] . In his study the average stage-dimensions of 22 purpose built concert halls are summarized. Table Is hows the minimum, average and maximum dimensions of these 22 stages. The ceiling height has either been determined from the physical ceiling or from ac anopyo ro verhead reflector above the stage.
To findthe possible maximum delay in reflections based on the dimensions in Table Ithree different With the 'maximum stage size', it is assumed that the orchestra is not using the whole stage.
Furthermore fived i ff erent source-receiver( S-R)p ositions are used to findthe maximum possible delays 1. front of stage on the side with S-R distance 1m; 2. front of stage in the middle with S-R distance 1m; 3. front of stage on the side to front of stage on the opposite side with S-R distance equal to orchestra width; 4. front of stage in the middle to front of stage on the side with S-R distance equal to half the orchestra width; 5. front of stage on the side to back of stage on the opposite side with S-R distance equal to (orchestra width 2 × orchestra depth
. The three scenarios and its source and receiverp ositions are illustrated in Figure 1w ith some examples of ceiling and back wall reflection paths.
The maximum delay in ms relative to the emission of the sound has been determined for every possible direct sound path or 1st order reflected via sidewall, back wall or ceiling for every combination of stage size and sourcereceiver, see Table II . It is shown that for an average stage size, the maximum delay of afi rst order reflection is 120 ms at 1m S-R distance and 95 ms at larger S-R distances (O'Keefe [14] concluded that the boundary between the early discrete reflection zone and the late diffuse reflection zone ranges from just over100 ms to just under 400 ms for 12 stages).
In all cases, the largest possible delay for a1 st order reflection is found for the shortest S-R distance and the maximum delay does not increase when the direct delay increases. This implies that in general the time interval between the arrivalofthe direct sound and the maximum 1st order reflection narrows when the S-R distance increases. Forthe average stage, the temporal windowofpossibly arriving 1st order reflections after the direct sound arrivalis 31 ms at the largest S-R distance of 22 mdiagonally crossing the stage.
Synchronicity
Fort he average stage, the delay in direct sound between different instruments rises up to 64 ms while the 1st order reflected sound arrivesupto120 ms, see [3] confirmed that with direct sound delays larger than 20 ms, corresponding to a7mm utual distance, the ease of ensemble decreased based on studies with six different sound fields. Besides acoustical delays, the musicians in the orchestra itself can intentionally play ahead or delayed. It is often stated that brass and percus-ACTA ACUSTICA UNITED WITH ACUSTICA Vol. 98 (2012) sion players sitting at the back of the stage play ahead of the conductors' baton [3] . This way, theya im to let the direct sound of the different instruments sections arrive simultaneously at the stage front line and consequently the listeners' positions behind the conductor in the hall. On the average sized stage, this effect could impose an extra delay up to 26 ms for the direct sound from the front row players being audible in the back of the stage after their owninstruments' sound. Therefore, it may be relevant for reflections to arrive more early for sound travelling from the front to the back of the stage.
Source to receiverr elationship
Traditionally,w hen describing room acoustic parameters in ac oncert hall the whole orchestra is represented by a single omnidirectional sound source which is placed on stage at am inimum of 3c onsecutive positions [8] . The listener is represented by as ingle omnidirectional microphone which is placed in the audience area at aminimum of 6to10consecutive positions. This implies that usually less source positions than receiverp ositions are used and the receiverpositions may be assessed per source position (see Figure 2a) .
In stage acoustic measurements the number of source and receiverp ositions can be equal, because one can use the same location as asource as well as areceiverposition. The distance between the source and receiverc an represent the distance between the owninstrument and the musicians' ear,likethe 1m distance in the ST early and ST late parameters or the mutual distance between twod i ff erent players likei nt he EEL parameter.I nt he latter case, one could asses the transfer of sound from all different sound source positions towards asingle receiver, as illustrated in Figure 2b .
The support by reflections is important for every combination of twomusicians at various distances. Especially at larger S-R distances musicians may only rely on reflected sound for mutual hearing. Therefore, the transfer of sound on stage should be considered at various source-receiver distances.
One might be tempted to use more receiverp ositions than source positions because one can easily use multiple microphones to record the impulse responses simultaneously,while the sound source needs to be operated one at atime. Nevertheless, on stage, the transfer of sound from every position to the other seems equally important and using equal source and receiverpositions on stage seems obvious. Although, in theory,the transfer of sound between both omnidirectional source and receiverisreciprocal.
Another aspect of the source to receiverr elationship is the delay of the arrivalo ft he direct sound after emission of the sound from the source. When for instance judging the clarity of the 'orchestra' at receiverpositions in the audience area, the objective parameter C 80 is used where the time interval of 0t o8 0msa nd 80 ms to infinity is relative to the time of arrivalo ft he direct sound. The C 80 is determined for every source at as ingle receiverp osition without taking into account the delay of the direct sound arrivalb etween the different source positions. This may be correct because the orchestra itself corrects for this delay in order that the direct sound arrivessimultaneously in the audience area behind the conductor (see section 3.3). However, when the receiverispositioned in the orchestra itself, it might be necessary to compensate for the delay in arrivalinthe direct sound when studying the sound energy within acertain temporal window.
The architectural parameter analysis showed that maximum arrivaltimes of early reflections from stage surroundings are approximately 91 to 120 ms relative to the time of emission for an average stage size. The above mentioned source to receivermodel based on synchronized sources is illustrated in Figure 3 . It clearly shows that for larger S-R distances the direct sound is delayed whilst the time intervalofpossible arriving 1st order reflection after that direct sound narrows.
Measurement system influence
In the stage parameter definitions the energy from the direct sound + floor reflection and the following reflections needs to be separated. Also it has been proposed to make the separation between the direct sound and the floor reflection, see section 2.6. However, here the limits of the measurement systems are reached and the physical disadvantage of lowfrequencies must be taken into account. Important factors are the signal response of the used sound source and the filter characteristics, which cause asmearing of the measured signal. This means that energy from adjacent reflections may overlap and the sound energy of each reflection cannot be isolated without the influence of these adjacent reflections. To avoid this, acertain period of time must be kept between the last and following reflection around the time interval limit. The minimum required distance between equally strong reflections wasd etermined for aB&K 4292 omni directional sound source and Dirac room acoustic measurement software, where the RIR is first divided in the time domain and then filtered through band-pass filters as recommended by ISO 3382-1 [8] .
. Also, it seems to be impossible to separate the direct sound and floor reflection accurately using asingle measurement. The sound levelof as ingle reflection at 4 + 9 = 13 ms can be measured at influence ≤ 1dB, and when multiple reflections are measured in awider temporal windowthe influence will likely decrease. At larger S-R distances the direct sound and floor reflection will merge and the sound levelofasingle reflection at 9mscan be measured at an influence ≤ 1dB.
When measuring sound levels, it is also necessary to takei nto account the size of the wavelength. When measuring the sound levelofasingle reflection, EN 1793 [32] recommends to use at ime windowo fa tl east one corresponding wavelength. Fort he 250 Hz octave band with lower edge frequencyat176 Hz this suggests that the time windows hould at least be 6ms. However, to effectively capture reflections on stage the time windows hould be much more than 6ms.
Summary and proposal fore xtended ST parameters and measurement conditions
Perceptual studies by several researchers have shown that early reflections arriving before approx. 100 ms after emission of the sound are likely to be relevant for playing ensemble on concert hall stages for various source-receiver distances. Reflections arriving after approx. 100 ms can be described as late reflections which are necessary to provide acertain amount of reverberance. Anew architectural analysis of common stage dimensions reveals that with an average stage size most 1st order reflections will arrive within 100 ms after emission of the sound. Also, it shows that in general the time interval between the arrivalofthe direct sound and the maximum delayed 1st order reflection from the stage boundary narrows when the S-R distance increases. The source to receiverrelationship study shows that the approach of the EEL, where the time interval is relative to the time of sound emission instead of the time of direct sound arrival, seems also valid in relation to the likelihood of arriving 1st order reflections from the stage boundary under the assumption that the emission of sound by the different sound sources is synchronised.
However, to be able to investigate the impact of early reflected sound energy at various distances, the direct sound should be omitted from the time interval (asu sed by the EEL). It wasfound that the direct sound must be omitted by using atime interval starting at 9to13msafter the arrivalofthe direct sound to sufficiently reduce its influence to ≤ 1.0dB. To be able to omit the direct sound, the source and receiverpositions must be kept at least 2m from any stage boundary,seating and stands. However, to be able to measure an accurate reference levelat1mcontaining the direct sound and floor reflection only,n or eflections may arrive before 21 ms (influence reflected sound ≤ 0.1dB). This implies that for the reference measurement at 1mdis-tance, source and receiverp ositions must be kept at least 4mfrom anystage boundary,seating and stands.
Based on these insights, it is proposed to extend the commonly used ST parameters by introducing av ariable time point '103-delay' that takes into account the delay of direct sound by increased distance, see equation (1) and (2),w here the 'delay' is the S-R distance divided by the speed of sound. This way, the parameters can be measured at S-R distances up to 25 m, considering at ime interval width of 30 ms as an acceptable minimum. The time interval of early reflected sound starts at 10 ms instead of 20 ms to be able to measure closer to the stage boundaries up to 2m.Infinity is used instead of 1000 ms as an upper time limit for the late reflections because it is conceptually clearer.At1md istance, the parameters are similar to the ISO 3382-1:2009 parameters. 
ST late,d = 10 lg It is expected that ST early,d is av aluable parameter to investigate the contribution of early reflections to ensemble playing with increasing source-receiverdistance. It is likely that stages exists where ST early measured at 1m eter S-R distance is relatively high, suggesting good support from early reflections for the owni nstrument, while ST early,d at 10 meters S-R distance is relatively low, suggesting poor support from early reflections for sound from the other players. In such cases, ST early measured at 1me-ter S-R distance only may not be sufficient in describing stage support.
In contrary,i ti se xpected that ST late,d is not dependant on the S-R distance. In atheoretical diffuse sound field, the sound leveli sn ot dependant on the S-R distance outside the critical distance. By the ST late,d the energy of the late part of the impulse response is measured using atime interval relative to the time of sound emission. This implies that, if reflections after 103 ms are considered as diffuse reflections, the (average)energy from these reflections may be equal for anyS-R distance.
However, it must be investigated whether ST early,d is a reasonable indicator for the subjective impression of ensemble playing at various distances. Such an investigation should also reveal preferred values for ST early,d .S o far, the research presented in this paper is limited to the metrological aspects of stage acoustic parameters and subjective evaluations are considered as future work. In the next section, the impact of using the variable time interval instead of using fixed time intervals as described in section 2.6 is investigated for measurements on various concert hall stages. Besides that, the advantage of the ST early,d and ST late,d is investigated through evaluation of the different concert hall stages.
The effect of the time intervalc hoice in measured stage acoustic parameters

Method
The effect of the time interval choice in stage acoustic parameters on measured results has been studied for eight different concert hall stages with various conditions. On all stages impulse response measurements have been performed using acomparable measurement method and equal source-receiverlayout for optimal comparison. From these impulse responses the sound level L a−b has been calculated using Dirac 5f or different time intervals a − b at various distances d relative to the sound levelo f the direct sound + floor reflection at 1m distance in the 0-10 ms interval corresponding to the ST parameters, see equation (3) .All values have been arithmetically averaged over250 to 2000 Hz octave bands.
Based on the findings as reported in the previous sections there are twotime boundaries which connect the three important time intervals direct, early reflected and late reflected sound. The time points 5, 7, 10 and 20 ms have been used in [19, 23] , [18, 15, 22] , [3, 4] and [3, 4] respectively to describe the transition time point between the direct sound and the early reflections which will be denoted 'x'. The time points 40, 50, 80 and 100 ms have been used in [22] , [15] , [3, 4, 19] and [3, 4, 18] respectively to describe the transition time point between the early reflections and late reflections and will be denoted 'y'. Other relevant time points are 0ms, which is defined as the arrivalt ime of the direct sound. Finally,t he variable time point denoted 'var' will be used which is defined as the .Additional measurements have been performed in one of these halls after refurbishment where the seats were replaced and ac anopyw as installed (hall E+). Also, measurements were performed during arefurbishment of hall Ca tt he time that no seats were installed in the audience area (hall C-). Finally,m easurements were performed in ac oncert hall, where ac anopyw as installed (hall H+) that could be lifted to the ceiling (hall H).The stages were empty during the measurements (except hall Aw ere this wasn ot possible). All seats and stands were removedt o save time during the measurements and to be able to use the exact same source and receiverpositions on all stages.
Am easurement layout with fixed source and receiver positions wasdeveloped to match the positioning of instrument groups in as ymphonic orchestra, illustrated in Fig Because of the symmetry of the layout and of most halls and stages, only 6p ositions need to be both source and receiverp ositions and 6p ositions are only receivers. Also, for source position 1o nly half of the receivers have to be measured. Measurements are performed at 1m distance for all source positions. In total, this results in 5 × 12 + 1 × 7 = 67 S-R pairs. In the NSO project only source positions 1t o4w ere used to save time (36S -R pairs). The 1mdistance measurement wasperformed with one microphone in front of the sound source and as econd microphone and the right side (seen from the audience area). Foroptimal comparison of all stages A-H the positions 11 and 12 are not used in this research, resulting in am utual S-R distance between 1a nd 10.6 meters and on average 5.3 meters. It wasfound that the S-R distance was kept within 0.15 maccuracy. Forevery S-R pair,4impulse responses have been measured using room acoustic measurement software Dirac and a5sexponential sweep signal while rotating the B&K type 4292 sound source in equal steps of 90 degrees. The rotation of the sound source is done to correct for directivity deviations, which is ap roblem when measuring close to ad odecahedron shaped sound source (recent research has shown that actually 5, 7or8equal angular steps result in aconsiderable reduction of uncertainty [16] ). Care was taken that the Impulse to Noise Ratio [20] of all measured impulse responses was > 45 dB for all frequencybands of interest. All transducers were put at ah eight of 1.3 mi n accordance with ISO 3382-1:2006. Except for stage A, no chairs were on the stages that could have influenced the 1m distance measurement. Care wast aken that the two different microphones had their ownr eference measurement at 1mdistance.
Direct sound and early reflected sound at 1m S-R distance
First, the influence of the direct sound and floor reflection is investigated on results of the various proposed early reflected sound time intervals measured at 1m distance using equation (3) .F igure 5s hows the average value for all possible variations L x−100 including L 0−100 for every sound source position and receiverp osition at 1m distance from that source position. Due to the likely influence of the chairs on stage, hall Ai se xcluded in the average. At the source position S4 which is furthest away from anys tage boundary the average difference between L 10−100 and L 20−100 is less than 0.3 dB. Similar results were found at S1, S2 and S3 for large stages Ea nd F, buto na verage the difference increases up to 2.7 dB for S1, which is most often in close proximity to stage walls. This suggests that the time interval 10-20 ms is sensitive to very early arriving reflections and it confirms that these very early reflections can be measured without considerable influence from the direct sound and floor reflection as wasc oncluded in section 3.5. The average difference between L 7−100 and L 10−100 is 1.0 dB for all source positions while the average difference between L 5−100 and L 10−100 is 4.9 dB. It is very likely that in the L 5−100 and L 7−100 (part of)the energy from the direct sound and/or floor reflection is included in the measurement at 1mdistance. As aresult, the later reflections are partly masked by the direct sound. However, the results confirm that the time interval to capture the early reflected sound needs to start at 10 ms to be able to takei nto account reflections from close by stage boundaries (between 2and 4m)distance at all positions.
Direct sound and early reflected sound at all source-receiverdistances
Secondly,t he influence of the direct sound and floor reflection on results of the various proposed time intervals for early reflected sound measured at various distances is investigated. To be able to do so, trend lines of parameter values overd istance for all possible variations L x−40 including L 0−40 have been calculated for every hall. An example of the relation between the individual parameter values and the trend line are shown in Figure 6 . The trend line is determined using al east squares fitting of al ogarithmic relation y = a lg(x) + b.F or every trend line the correlation coefficient R 2 is calculated, which describes the fraction of variation in y that is explained by its relationship with x.
An upper time limit of 40 ms is chosen to makethe parameters as sensitive as possible to changes in the lower time limit. The results of these trend lines are presented in the first column of graphs in Figure 7 This suggest that the increase of L 5−40 and L 7−40 close to the source may be caused by influence from the direct sound and floor reflection, which is also the case for some other stages. However, on all other stages it appears to be necessary to include at least the 10-20 ms time interval to measure all early reflected sound (although this may influence the parameter value less when using ah igher upper limit than 40 ms). Also, the results confirm that it is necessary to omit the direct sound and floor reflection to be able to measure differences between different halls as was suggested by manyother researchers, see section 2.6.
Early reflected sound at all source-receiverdistances
Based on the previous results the influence of the upper time limit for early reflected sound is further investigated In Figure 8a , the deviation of the average value per hall from the average value for all halls are presented for all possible variations L 10−y and L 10−var for all S-R combinations. Also, the average deviation of L 10−100 at 1m distance is included. It is shown that the difference in ranking between the halls is small for all parameters measured overv arious distances. However, the difference between L 10−100 at 1mdistance per hall is smaller and only hall A and hall Ba re more than 1dBd i ff erent from the hall average value. It is shown that the time interval choice is not critical for ranking the stages when performing measurements with various S-R distances, except for hall Fwith a relatively large stage. Adifferent ranking is found between halls with various S-R distances compared to 1mdistance only.
Late reflected sound at all source-receiverdistances
First, the impact of using 'time to infinity' instead of 1000 ms is investigated at 1m S-R distance. Forall halls, the difference between L 100−1000 and L 100−inf wasc alculated for the 250 to 2000 Hz octave bands. It wasfound that for all halls with ar everberation time < 2.5s econds and for all separate octave bands, the difference is < 0.02 dB with all files having an INR > 45 dB. Twoexceptions are halls E+ and C-were the difference is < 0.05 dB and < 0.17 dB respectively.Itcan be concluded that the difference between using 1000 ms and 'inf'i sn egligible when the noise in the RIR is sufficiently reduced (INR > 45 dB). In Figure 8b , the deviation of the average value per hall from the average value for all halls are presented for all possible variations L y−inf and L var−inf for all S-R combinations. Also, the average deviation of L 100−inf at 1mdis-tance is included. It is shown that the difference in ranking between the halls is again small for all parameters measured overv arious distances as well as the 1m.A lso, it is shown that the time interval choice is not critical for ranking the stages and results from measurements at 1m distance are similar to results with various S-R distances.
Balance between Early and Late reflected sound at all source-receiverdistances
To study the balance between early and late reflected sound level, the difference between L 10−y and L y−inf was calculated denoted L 10−y−inf .I nF igure 8c, the deviation of the average value per hall from the average value for all halls are presented for all possible variations L 10−y−inf and L 10−var−inf for all S-R combinations. Also, the average of L 10−100−inf at 1m distance is included. It appears that the ranking between the halls more strongly depends on the choice of time limit 'y'. This is mainly caused by the influence of hall Fo nt he results. When hall Fi so mitted from the data, the influence of time interval is comparable to the early and late reflected sound levelseparately.
Evaluation of different stages
Although the time interval choice seems to be not very critical for comparing average stage values, the highest correlation to al ogarithmic trend line wasf ound for the early reflected sound levelu sing L 10−var ,w hich is equal to the ST early,d as defined in section 4. This implies that the use of av ariable time interval is most suitable to describe the decay of early reflected sound overdistance. On the contrary,i nt heory the late sound levelw as expected to vary little overdistance as in adiffuse sound field. The lowest correlation to al ogarithmic trend line for the late reflected sound leveli sf ound for L var−inf ,w hich is equal to the ST late,d as defined in section 4. This suggest that av ariable time interval is also most suitable to describe the late reflected sound level. To further study the relation between early and late reflected sound level L 10−var and L var−inf are presented in the fourth column of graphs in Figure 7 . Besides that, the early reflected sound level including direct sound and floor reflection is presented denoted L 0−var (which is similar to the original EEL)and the theoretical direct sound leveld ecay based on a6dB decrease per distance doubling for amonopole. It is shown that the L 0−var is comparable for all halls, especially closer to the sound source, while the L 10−var and L var−inf are clearly different per hall. On stage A, Fa nd Gt he late reflected sound leveli sh igher than the early reflected sound levela tS -R distance > 2m.F or stage A and Gthis can be explained by the mainly absorptive stage surroundings existing of sloped seating areas. Stage Fhas fewer early arriving reflected sound energy as ar esult of the large dimensions compared to the other stages. On stages B, D, E, and Hthe early and late sound levelismore or less equal, although on stage Bboth early and late sound is louder compared to stages D, Ea nd H. The designs of stages D, Eand Hare similar,having areflective wall surrounding the stage without anyhorizontal reflectors above the stage (the reflectors in hall Dare tilted and reflect the sound from the stage towards the audience area). The overall increase in reflected sound leveli nh all Bi sp robably caused by the smaller volume of the space compared to the halls D, Ea nd Ha nd the shell shaped stage. Stage Ca ppears to be ac lear outlier where the early reflected sound leveli sa tl east 3dBh igher than the late sound for all distances. This might be explained by the highly sound diffusing walls and downwards tilted reflective balconyedge surrounding the stage combined with the tworeflectors above the stage. Together,these applications seem to provide al arge amount of early reflected sound energy on stage. The difference between stage Ca nd C-illustrates that the early reflected sound does not change, when the acoustics of the hall changes, while the late reflected sound increases by approx. 3dB. In hall H, the addition of the canopyincreases the early reflected sound levelbyapprox. 1dBwhile the late reflected sound decreases approx. 0.5 dB, so effectively increasing the early to late difference by 1.5 dB. These effects are not found in hall Ew ith and without ac anopy, which might be caused by this canopy being zigzag shaped and partly acoustically transparent.
Interviews with several professional musicians and conductors showed that there seems to be ageneral agreement that hall Aa nd Fh aveav ery poor reputation in terms of stage acoustics while stages Ba nd Ch aveav ery good reputation. Judgments on other halls' stages are less distinct. The measurement results are well in line with these judgments as it is generally accepted that stages with high early reflected sound energy are favored overs tages with less lowe arly reflected sound energy.H owever,i nt hese particular cases it can be concluded that ST early at 1mdis-tance does not fully predict this outcome while ST early,d assessed overv arious distances does. It is notable that even though ST late is relatively high in hall B, possibly causing masking part of the direct and early reflected sound, this stage is still one of the musicians favorites.
Discussion
This paper has provided ad etailed analysis of relevant metrological issues concerning stage acoustic measurements resulting in ap roposal to optimise and extend the existing ST early and ST late parameters so theycan be measured at various source-receiverd istances, see section 4. While this study has provided several newi nsights, it is also important to mention the limitations of this study:
• The study did not investigated whether ST early,d is areasonable indicator for the subjective impression of ensemble playing at various distances.
• The study did not establish preferred values for ST early,d at various distances.
• The study checked the theoretical assumptions based on measurements on empty stages without chairs and stands. Theoretical assumptions were only checked for concert hall stages and results may only count for stages close to the surveyed ones.
In spite of these shortcomings, the present study provides an optimal time interval to measure early and late reflected sound energy at various source-receiverdistances on stage based on existing and newi nsights. To the best of our knowledge it is for the first time, that it has been demonstrated that the amount of early reflected sound energy on stage is distance dependant and correlates strongly to a logarithmic trend line using avariable time interval, while the amount of late reflected sound energy is not clearly dependant on the distance. Also, avariable time interval has not been reported in previous studies. Future work should focus on • Exploring the influence of chairs, risers, stands, screens and persons on stage on the parameter results.
• Exploring the influence of the actual instrument directivity [33] compared to the omnidirectional sound source directivity.
• Exploring the impact of separate architectural applications likestage walls, diffusers and reflectors on the parameter results.
• Finally,i ts hould be investigated whether ST early,d correlates with the subjective impression of ensemble playing and whether the balance between ST early,d and ST late,d may be arelevant descriptor of the early reflections masking by reverberation at all distances on actual stages.
Conclusions
Different time interval limits have been proposed for the stage acoustic parameters butt here is no agreement on the preferable limits. Also, there is ag rowing interest to measure stage acoustic parameters at various source to receiverdistances. In this research, adetailed analysis of relevant metrological issues concerning stage acoustic measurements has lead to the optimised and extended ST early,d and ST late,d parameters that can be measured at various source-receiverdistances using avariable time interval of '103-delay'. Theoretical assumptions were checked and confirmed based on systematic analyses of measured results for different concert hall stages with various conditions and various source to receiverd istances. It can be concluded that different time interval limits did not result in ad i ff erent ranking of the measured stages. However, it wass hown that measurements of early reflected sound energy using ST early,d at various source-receiverdistances is complementary to the common ST early measured at 1m distance, resulting in clearer discrimination between these measured stages.
